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mpans for comparipn the filtered d a ta microphone output signals from one of the 
^ot. minrn phnnBs with refe rpnn» microphone output signals and deriving therefrom an 
error sional: and 

means for adiustinn the weight values convolved with the data microphone 
nutnut signals to minimize th e error signal: and 

fast Fourier Transfomi means to transfomi successive blocks of data microphone 
output signals to a frequency domain representation to facilitate filterihg jn the frequency 
domain. 

Claim 10 (Cunently Amended): A method oc dofinod in c l aim 9 for improving detection 

of speech signals, the meth od comprising: 

positioning a pluralitv of microphones to de tect speech from a single speech 

source and noise from multiple sources, o n e of the microphones being designated a 

refarenre microphone and the others heino designated data microphones, wherein the 

reference micronhone receives acoustic si nnals both from the speech source and from 

the multiple noise sources: 

g enerating microphone output sionals in t he microphone: 

filtering the microphone output signals in a pluralitv of bandpass filters, one for 

each microphone, to eliminate from the micro phone output signals a known spectral 

band containing noise: 

adaptivelv filtering the microphone output sionals in a plurality of adaptive filters. 
one for each of the data microphones, and the rebv aliening each data microphone 
output signal with the cutout signal from the refe rence microphone: 

combining the adaotivelv filtered output signals from the microphones In a signal 
summation circuit, wherebv signal components re sulting from the speech source 
combine coherentiv and signal components resulting from noise combine incoherently^ 
to produce an increased signal-to-noise ratio without th e need for noise estimation 
technioues: 

detecting speech received bv the microphones: 

enabling the step of adaotivelv filtering the microphone signals only when speech 
is detected: 
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^nMHinninr ^ fhP cQmbi P >=>H sinnals in soeftch conditioning circiiitrY coupled to the 
o..mm»>tinn nircuit. to r^n^.p mverberation effects in the output signal by 
r^^^iY-n ^^'^ '^"^r.tn.m of th e o..ni..lative signal obtained from the signal summation 
circuit: 

wherein the step of adaptive filtering includes: 

fiitorinq Hata microDhonA nutout sion^ l^ hv convolution with a vector of weight 
values; 

r.nm pflring the fiiterad data mi c rnphnne outPUt Signals from one of the data 
,v,..r» phnn^<. with mferenc n mirmnhone outniit signals and deriving therefrom an error 

signal; 

aftiustina the weinht values convnlvad with the data microphone output signals to 

minimize the er ror signal: 

rpneating the filtfirina. comoa r inn and adiustinq steps to converge on a set of 
wftiq ht values that results in minimizatio n of noise effects: 
obtaining a block of data microphone signals; 

transforming the block of data to a frequency domain using a fast Fourier 
Transform; 

filtering the block of data in the frequency domain using a cun-ent best estimate 

of weighting values; 

comparing the filtered block of data with corresponding data derived from the 

reference microphone in the freou encv domain: 

updating the filter weight values to minimize any difference detected in the 
comparing step in the frequ ency domain: 

transforming the filter weight values back to the time domain using an inverse 

fast Fourier transform; 

zeroing out portions of the filter weight values that give rise to unwanted circular 

convolution; and 

converting the filter values back to the freguency domain. 
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